Abstract Recent development of sound reproduction systems such as 5.1 surround produces artificial sound field inside the enclosure. The acoustic characteristic of the enclosure is an important factor which determines the quality of the sound field reproduction. This paper provides a useful method for evaluating the characteristics of the sound field in the enclosed space. The proposed method is based on the visualization of the measured sound intensity. In this research, the sound intensity is obtained by measuring the impulse responses from the sound source to the receiving points. The direction and the strength of the intensity can be interpreted as having a strong correlation with the reflected sound from the corresponding direction. The proposed method thus projects that information, i.e., the arriving direction and the strength of the intensity, as the circle having appropriate radius onto the surface of the rectangular wire-frame box. This visualization makes it easy to grasp the fundamental characteristics of the reflections in the enclosure.
Introduction
The sound field in the listening environment is becoming a more complex and artificial one due to the recent development of sound reproduction systems such as the 5.1 channel surround system. Another example of the artificial sound field is based on the active control system which re-produces the sound field of any concert hall in the usual living environment. Although the quality of the sound field reproduction strongly depends on the acoustic characteristics of the nominal sound field, no physical measures are prepared for such a purpose. Our goal is to develop new physical measures which can express the substantial characteristics of the small size enclosure which is often used for the realization of many types of the artificial sound environment.
We proposed here a useful method of visualization of a basic measure in the enclosure; the sound intensity. The sound intensity used here is assumed to be obtained from the impulse responses measured by four closely located microphones. The instantaneous version of this intensity thus includes all information of the reflected sound in the enclosure. The proposed method projects directional information as the circular mark whose radius is proportional to the strength of the intensity onto the surface of the 3-D rectangular wireframe box which encloses the receiving point and whose dimensions are roughly proportional to the enclosure. The measurement and the examination of the spatial information of the enclosed space by using the closely located four point microphones has already been reported by Yamasaki and Itow (1989) and most of the subsequent studies using this method focus on the visualization of the sound field of large concert halls. Although this method was proposed around fifteen years ago, the visualization method is still under discussion (e.g., Tokita and Yamasaki, 2004) .
Moreover, Guy and Abdou (1994) also proposed an attempt to use the sound intensity as a tool for evaluating the quality of the sound field. However, useful and practical measures that are suitable for examining the acoustic characteristics of the small size enclosure were hardly obtained. This paper is the first step of our attempt to provide a new measure by using the well developed analysis techniques mentioned above.
Instantaneous Sound Intensity and Envelope Intensity
Sound intensity is defined as the rate of transport of the sound energy. This measure, which is sometimes termed as the sound power flux density, can be expressed as the product of the sound pressure and the particle velocity. The instantaneous particle velocity for the x-direction can be expressed as (1) in which the p(t) is the instantaneous sound pressure at time t which can be measured by the pressure microphone and r 0 is (2) where p 1 (t) and p 2 (t) are the pressures measured at two closely located microphones whose separation distance is d. The sound pressure at the middle point of two microphones can be approximated as
The instantaneous intensity can thus be calculated as (4) If we use the measured impulse responses in p 1 (t) and p 2 (t) above, the instantaneous intensity which includes the fundamental acoustical information of the enclosure in the xdirection can be obtained. The same procedure can be assumed for the remaining y and z directions. The envelope intensity can also be useful if we examine the direction of the sound energy. Envelope intensity has a property between the instantaneous intensity and the time averaged intensity and is calculated by the following equation.
I¯x(t)=Re[P(t)Û x *(t)]
( 5) where P(t) and Û(t) are the analytical signal of p(t) and u x (t), respectively and 'Re' is the real part and '*' is the complex conjugate. The analytical signal is a complex time signal whose imaginary part is the Hilbert transform of the real part. The example of the MATLAB code for analytical signal and the Hilbert transform is shown in the Appendix. The example of the instantaneous intensity and the envelope intensity are shown in Fig. 1 . Impulse responses are measured by four closely spaced microphones to obtain threedimensional information (x, y and
Visualization of Sound Intensity Fig. 1 The example of the instantaneous intensity and the envelope intensity which is obtained by the measured impulse response. The frequency range is limited to 500 Hz with 1/3 octave band width. Fig. 2 The procedure of the measurement and the calculation of the intensities for x, y and z direction. The impulse responses are measured by four closely located microphones and the intensity for each direction is calculated. The virtual source is determined at the peaks of the envelope intensity.
z directions) of intensities. Procedures are shown in Fig. 2 and can be summarized as follows: First, the peaks in the envelope intensities are picked up. Then, the direction and the amplitude of the intensity vector at each peak is determined by the amplitude of the envelope intensities in the x, y and z directions. The virtual sources due to reflection are assumed to exist at the direction of corresponding intensity. Although attention must be paid to the degree of correspondence between the peaks of the intensities and the reflections in the enclosure, we assumed here for simplicity that there are strong correlations between them.
Visualization of Virtual Sources
The rectangular box enclosing the receiving point is assumed. The dimension of this wireframed box is assumed to be roughly proportional to the measured room (Fig. 3) . The calculated virtual sources are projected onto the cross point of the intensity vector and the surface of the wire-framed 3-D box. This projection makes it easy for us to grasp the timing and the directions of the intensities due to the striking reflections in the enclosure. The strength of the intensity is expressed as the radius of the circle drawn on the surface. Figure 4 shows a simple example of the projection measured in an anechoic chamber with and without a reflection panel on the floor. If the panel was put on the floor, a strong reflection would be observed from that direction. Figure 5 shows the appearances of the display. The data shown in Fig. 5 was measured in a variable reverberation chamber. This room represents the normal listening environment. The reverberation time can be changed from 0.4 to 1.3 sec by varying the surface condition of the side wall from absorptive to reflective. As shown in the figure, the viewpoint can be changed to the appropriate direction by easy operation. With this tool, the time history of the reflections can be seen as an animation (Fig.  6) .
Much useful information can be drawn from the calculated intensity. Examples are as follows:
ϪThe density of the reflected sound from a specified direction ϪCorrespondence between the strength of the reflection and the surface condition ϪQuality of the reflection from the particular direction: Fig. 3 The location of the receiver and the dimensions of the enclosure which is necessary for calculating the 3D wire-frame rectangular box.
Fig. 4
Example of the proposed visualization method. This data is obtained in an anechoic chamber, in which the reflection panel is located on the floor in (a).
Fig. 5
Appearances of the proposed visualization software. The data shown here is obtained in a variable reverberation chamber which represents the normal listening environment.
Fig. 6
Time history of the reflection can be seen in the animation. In our tool, the viewpoint and the camera-angle can easily be changed. specular or diffuse reflection. Details of such information and the measures are the subject of our current research.
Future Work and Summary
The authors are now trying to realize several artificial sound fields by active control. One method is based on the changes of the energy flow inside the enclosure and the other is based on the changes of the surface condition by adding an artificial reflection behind the absorbing surface.
The first method suppresses or extends the sound intensity in a specified direction, and consequently, changes the energy flow in the enclosure. An example is shown in Fig. 7 . Significant changes can be seen in the shape of the standing wave by suppressing the y and z direction sound intensity. This method is expected to realize a new method of sound localization especially in the low frequency range (Suzuki et al., 2004) .
The second method entails the realization of variable surface reflection by using the additional reverberant sound from the loudspeaker located behind the absorbing material. This system has capabilities of variable reflection characteristics with modified attachments such as shown in Fig. 8 . This example was designed to realize diffuse radiation from the surface material (Nagatomo and Omoto, 2004) .
Since our visualization tool is based on the simple measurement of the impulse responses from the sources to the receivers, it can work effectively for such a new type of active artificial sound environments as mentioned above, which uses additional sources.
In the long history of 'Room Acoustics', many physical measures have been proposed to express human auditory impressions especially in concert halls. Quite a few measures are, however, directly connected to the practical acoustic design procedure of the sound field (The exception is the reverberation time.). Our proposed tool to visualize the intensities using the information of the room shape is able to provide new measures which can be easily measured and which directly reflect the characteristics of the surface conditions. Acknowledgements The authors would like to acknowledge Mr. Hisaharu Suzuki and Mr. Yasuhiko Nagatomo, Faculty of Design, Kyushu University, for their helpful assistance preparing this manuscript. This study was supported in part by Grant-in-Aid for the 21st Century COE Program.
Appendix: Example of the MATLAB code for Hilbert transform and the analytic signal
Assume x(1,1:N) is the time series data of length N and N is the power of 2 suitable for FFT. The Hilbert transform of x(:), y(1,1 : N), the analytical signal ax (1,1 : N) can be calculated as follows:
ϾϾ jϭsqrt(Ϫ1); ϾϾ jvϭones(1,N/2)*(Ϫj); ϾϾ jvϭ[jv Ϫjv]; ϾϾ yϭreal(ifft(fft(x).*jv)); ϾϾ axϭxϩj*y; 252 Visualization of Sound Intensity Fig. 7 Active control of the sound intensity in the enclosure in which the intensities of the y and z directions are suppressed by the control. The dimension of the enclosure was assumed to be 6 mϫ5 mϫ0.1 m (twodimensional sound field) and the excitation frequency was 30 Hz. The standing wave for the x-direction is emphasized by the suppression of sound from the other directions (Suzuki et al., 2004) . Fig. 8 Concept of the active reflection radiated from the loudspeaker located behind the absorbing material. Diffuse radiation can also be implemented by the arrangement of the various length of the tubes (Nagatomo and Omoto, 2004) .
